Digital signaling fundamentals 
Let’s start with a definition: 


Symbol: 

Asymbol may be described as either a pulse in digital baseband transmission or a tone in passband 
transmission using modems. A symbol is a waveform, a state or a significant condition of the 
communication channel that persists, for a fixed period of time. A sending device places symbols on 
the channel at a fixed and known symbol rate, and the receiving device has the job of detecting the 
sequence of symbols in order to reconstruct the transmitted data. There may be a direct 
correspondence between a symbol and a small unit of data. For example, each symbol may encode 
one or several binary digits or 'bits'. The data may also be represented by the transitions between 
symbols, or even by a sequence of many symbols. 


https://en.wikipedia.org/wiki/Symbol_rate#:~:text=A%20symbol%20may%20be%20described,a%2Ofi 
xed%20period%200f%20time. 


Morse code is digital signal with three "symbols”: “dit”, “dah”, and silence (referred to, below, as 
an “inter-element gap”.. The signal is either “on” or “off’. This is called “On Off Keying” - OOK. 


International Morse code is composed of five elements:!!! 

1. short mark, dot or "dit" (.): "dot duration" is one time unit long 

2. longer mark, dash or "dah" (4): three time units long 

3. inter-element gap between the dots and dashes within a character: one dot duration 
or one unit long 

4. short gap (between letters): three time units long 

5. medium gap (between words): seven time units long 


httos://en.wikipedia.org/wiki/Morse_code#:~:text=International%20Morse%20code%20is%20co 


mposed%20o0f%20five%20elements%3A&text=inter%2Delement%20gap%20between%20the, ) 
%W3A%20seven%20time%20units%20long 
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You see “time units” referenced, above. In the “digital world” a time unit can be expressed as “a 
clock interval” - the time between clock “ticks”. Clock ticks will help keep a transmitter and 


receiver synchronized in many digital communications methods. The tempo or rapidity of the 
clock ticks may be related to the data rate. It’s easiest to transmit data at a rate related to the 
clock rate. 


How fast can | transmit data? 


Does the data channel solely “belong” to you? Is your data the only data in the channel? 
On a copper wire, an optical fiber, or a radio frequency waveguide, the answer is “yes”. 
I'll call this a “private” channel. 


Over the radio the answer is seldom “yes”. 
Now we're starting to get to the “fun” part. How do we get the data from “here” to “there”? 


Suppose you’re supposed to meet a friend at a gymnasium. When you get there your friend is 
on the other side of the gym and you and your friend are the only two in the whole gym (private 
channel). 


You holler while you speak to your friend as you slowly approach, but there’s so much echo in 
the gym (multi-path) that your friend can’t understand what you are saying. Your consonants are 
“washed out” (inter-symbol interference). 


How do you deal with it? With speech you can try and talk very slowly and speak clearly. 

With Morse code you can slow down so that your dits are longer than the echoes. 

Or you can find a different ways to encode your data so that you can overcome the multi-path’s 
inter-symbol interference. 

(The amateur radio “phonetic alphabet” is one encoding method.) 


A computer communicates among its parts by sending quickly rising and falling voltages, as 
close to a square wave as possible. A square wave looks like this (darkest lines on the left). 
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A full cycle of the square wave takes 10 milliseconds, so the frequency is 100 cycles per 
Second (hertz or Hz). The right-hand picture shows the frequencies of that square wave. 


You'll notice that there’s voltage at every odd multiple (odd harmonic) all the way out to the 

25th harmonic. Any time you see an abrupt signal change, like a square wave’s sudden rise or 
drop, lots of harmonics are generated. But the amplitude of everything above 100 Hz is 
relatively small. 

We say that most of the “energy” of that square wave is at 100 Hz. Even the harmonic at 300 Hz 
is 4 the voltage of 100 Hz. So, most of the information of the square wave is found in the 100 
Hz sine wave. The rest of the voltages (and their combined energies) can practically be ignored. 


That leaves, on the left-hand illustration, that light grey sine wave of 100 Hz. From that sine 
wave we can recover the implicit “clock” in that square wave. Keep this in mind for later! 


FSK 
FSK is an abbreviation for Frequency Shift Keying 


My first experience with FSK was in the early 1960s, listening to Radio Teletype (RTTY) 


pronounced like “gritty” without the “g”. 
RTTY uses two tones separated by 170 Hz. 


The mark tone is the lower of the two and space tones is the upper tone. The tones alternate 
depending on the data bit being transmitted. 


More details about how RTTY works is here: 
http://aa5au.com/GettingStartedOnRitty. pdf 
and 


httos://en.wikipedia.org/wiki/Radioteletype 


Two analog narrow bandpass filters easily distinguish between the two tones and the presence 
and absence of each tone establishes the “clock”. 


Packet 


For those of you who remember dial-up modems (110 baud, 300 baud, 1200 baud, and on up) 
1200 baud was used on VHF for “packet” radio. 


1200 baud lower tone (1200 Hz) is space (0), upper tone (2200 Hz) is mark (1). 


Physical Layer 
1200 baud packet uses Bell 202 AFSK. AFSK is audio frequency shift keying, which means the signal is modulated using two audio tones, as opposed to regular FSK, where the 


radio frequency carrier itself is shifted in frequency. Using FSK generally requires a DC-coupled connection directly to the radio's discriminator. AFSK has the advantage of 
working through a regular audio path, which makes it well suited for use with radios designed for voice. 


Audio Tones 


Bell 202 uses a tone of 1200 hz for mark and 2200 hz for space. This is about as far as most packet documentation goes, and unfortunately it's a bit misleading in this case. 
Packet uses NRZI (non-return to zero inverted) encoding, which means that a 0 is encoded as a change in tone, and a 1 is encoded as no change in tone. 


It is also worth noting that the tones must be continuous phase - when you shift from one tone to another, there can't be any jump in phase. For example, if you're sending a 1200 
hz tone and the waveform is at its peak when you switch to 2200 hz, the waveform is still at its peak - it can't start back at zero, or any other point. This makes it impossible to 
generate proper AFSK using something like the Basic Stamp's audio tone function. 


http://n1vg.net/packet/ 


You'll remember that | wrote, earlier, that | wrote, “Any time you see an abrupt signal change, 
like a Square wave’s sudden rise or drop, lots of harmonics are generated.” So, how can tone 
changes happen without generating lots of harmonics? 


Since the audio tones are sine waves, let's remember some simple sine wave values: 
sin(O degrees) = 0, sin(90 degrees) = 1, sin(180 degrees) = 0, sin(270 degrees) = -1 


0 x 1 2% 2 


https://www.softschools.com/math/trigonometry/graphing a sine function/#:~:text=This%20gra 
h%20is%20also%20known.%C2%B0%20creating™%20the%20sine%20wave. 


There are 4 “easy” points along a sine wave to make a transition - 0 degrees, 90 degrees, 
180 degrees, and 270 degrees. For reasons we'll see later, zero degrees (the “zero crossing”) is 
chosen. 
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Electronics Coach 


https://electronicscoach.com/frequency-shift-keying.html 


The bit value to encode is the top line of the illustration, and the bottom line shows the two 
frequency tones switched according to the bit values. The transition is made at the first “zero 
crossing” at zero degrees. This greatly lessens the harmonics generated by the tone switch. 


Once again, like RTTY, simple filters can recover the signal of each of the two tones, so the bit 
values are easily recovered. But wait! What if there’s a “run” of zeros or ones in the data, so that 
there are no signal transitions? Won't the clock “reconstruction” have trouble “keeping sync”? 


If there’s a long “run” of zeros (no tone changes) the derived clock “learned” by your computer 
or rig might “drift”. 


Packet uses NRZI (non-return to zero inverted) encoding, which means that a 1 is encoded as a 
change in tone, and a 0 is encoded as no change in tone. 


The problems associated with drift and how NRZI helps are discussed in the Wikipedia article. 


https://en.wikipedia.org/wiki/Non-return-to-zero 


Multiple tones occurring in sequence multi-bit vs. slot spacing encoding characters 
FT8 


Popular software for making quick “weak signal” QSOs is WSJT-X. 
The “8” in FT8 means 8 tones are used in its FSK. 


FTS8 features: 


The message length is 15s, messages are transmitting via fixed time- 


slots, that makes decoding easier. 
e Message length is 77 bit + 12-bit CRC. 
e Error correction FEC LDPC(174,87). 
e Frequency modulation 8-FSK, tone space is 6.25Hz. 


e The bandwidth is 50Hz. Using this bandwidth, lot’s of stations can be 


decoded in parallel. 
e Decoding limit is -20dB. 


e Optional possibility of work automation. 


8 tones (2 times 2 times 2 = 8, or 2 to the power of 3 = 8, two to the third power = 8, 2 cubed = 
8, 2 cubed is written 2“3 in various programming languages) can encode 3 bits (the 3 in 243). 


To see the 3-bit sequences associated with each tone see Figure 3 (page 8, coincidence?) in 
https://physics.princeton.edu/pulsar/k1j/FT4 FT8 QEX.pdf 


Each tone is “only” separated by 6.25 Hz times 8 tones, for a total bandwidth of 50 Hz. 


An easier and more complete explanation of all the “work” in the signaling is here: 
http://Awww.wOwtn.org/downloads/nOdl/Introduction%20to%20Ham%20Radio%20Digital%20Mod 
e%20FT8.pdf 


FT8 is known as a “weak signal” mode. More about this later. 


There’s more than one way to encode symbols! So far the data has been “binary” based (except 
for Morse Code which has 3 symbols = ternary, not binary). 


When the radio conditions are plagued by a magnetic storm and/or aurora the signal strength 
(amplitude) and frequency may rapidly vary (flutter). What if the flutter in frequency is greater 
than 6.25 Hz? That’s a problem that FSK can solve a different way. 


Remember that FT8 has 8 tones separated by 6.25 Hz. We can say that the frequency “bins” 
are 6.25 Hz apart. 


What if the “distance” between two “bins” represents the character, instead? 
That’s the approach that FSQ, Domino, Thor, and IFPK use. (These modes are in 
FLDIGI.) 


http:/Awww.w thkj.com/FidigiHelp/fsq_page.html 
http://www.w thkj.com/FldigiHelp/ifkp page.html 
http://www.w thkj.com/FldigiHelp/domino_ex_page.html 
http://www.w thkj.com/FldigiHelp/thor _page.html 


To quote from the IFKP help page, above: 

Tone differences are expressed as decimal numbers 0 - 31. The alphabet design uses 
single-symbol and two-symbol character codes. The character set does not include much 
extended ASCII, and has only 116 different codes. It is a strongly 'unsquare' design (29 x 3), 
which restricts the number of codes, but we don't need the maximum anyway. This 'unsquare' 
code maximizes the single-symbol set to 29, so will fit all lower case in one symbol. Using 29 
initials means using a comparison process to discover where the initial symbols are. 

So 26 of the 32 differences are the lower-case letters a-z, an additional one for period, another 
for a space, and another for a new-line character. That’s 29. There’s a “shift” character (that’s 
30) that comes in front of a lower-case character to make it upper-case. That means capital 
letters come through at half speed. (For the other 2 of the 32 characters you can look at the 
FLDIGI help pages for more info.) 


The different distances of the chosen frequency “bins” to represent the transmitted character is 
most often big enough to avoid doppler shift, selective fading, and even tuning sorts of 
problems. 


Given that the fastest data rate may be 6 baud, if we decide that the number of bits of a 
“regular” ASCII character is 7 bits, does that mean 42 bits per second (bps)? But Varicode 
means that the characters can have a variable number of bits, so what’s the real data rate? Best 


to just say it’s “6 baud”. 
Weak Signal Modes 


Think photography - if there’s a “low light” situation there are multiple solutions: 
1) Open up the iris (low F-stop) on the lens 
2) Set the shutter speed for a long exposure 
3) Use a flash 


For radio “1” means a bigger antenna(s) and/or a low-noise amplifier (LNA). 
In radio there’s no “3”, so let's investigate “2”. 


With a photo a slow shutter speed means that more light accumulates on the film or digital 
sensor. An underexposed film frame looks washed out and grainy. An underexposed digital 
image will have some noise. The people using their telescopes to take a “stack” of images of the 
same scene know that each image has “random” noise that’s different than the other images in 
the “stack”. That noise will average out to “zero” eventually and the averaged image will look 
“clean”. 


In the digital world “accumulation” means adding. (In the analog world we say “integrating”. ) 


The feature of most amateur weak signal modes is that the tones representing the data don’t 
change suddenly. Those tones dwell a comparatively long time. Just like photography, radio 
noise averages out to zero. Only a stronger accumulated signal will remain. 


So, the easiest weak signal modes go “slow”. 


(You could also add some redundant data to your digital signal, and I'll briefly address that later 
in Forward Error Correction, FEC.) 


The most popular weak signal modes are found in WSJT-X, including the “champ” 
WSPR (Weak Signal Propagation Reporter). WSPR itself isn’t made for QSOs. 
It’s to tell when a band might be “open”. 


https://en.wikipedia.org/wiki/(WSPR_ (amateur radio software) 


You can see “who can hear whom” with WSPR at 
http://wsprnet.org/drupal/wsprnet/map 


A weak signal “QSO” mode is FSQCall (both stand-alone and in FLDIGI), JS8Call, and “Lentus” 
in Multipsk. You musicians - on your musical scores the tempo “Lento” means slow. 

There are new slow modes in FLDIGI (Domino EX Micro, Thor Micro) and WSJT-X (FST4 and 
FST4W), intended for 630 and 2200 meters. 


Phase Shift Keying 


The simplest phase shift keying is “binary” phase shift keying - two values. 
A bit input of 0 means no phase shift, a bit input of one means a 180 degree phase shift. 
The phase shifts happen at the zero crossing. 
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BPSK Modulated output wave 


https://www.tutorialspoint.com/digital_communication/digital_communication_phase_shift_keyin 
g.htm 


Notice that the available psk modes in FLDIGI all end in odd numbers (31, 63, 125 in the lower 
speeds). That means 31 potential phase shifts per second, 63 potential phase shifts per second, 


Here’s a fun tutorial with video for psk31 in FLDIGI. 


http://Awww.hamblog.co.uk/top-10-psk31-tips-for-beginners 


If the PSK QSO you wish is over a polar path with auroral flutter, those flutters include fast 
phase shifts. To “power through” that you should change phases faster than the aurora. 


Here’s a site about PSK63 and beyond. 


https://www.tutorialspoint.com/digital_ communication/digital communication phase_shift_keyin 
g.htm 


http:/Awww.hamblog.co.uk/psk63-psk125-and-beyond/ 


Two bits-at-a-time Phase Shift Keying - QPSK 


Quadrature phase shift keying (QPSK) is another modulation technique, and it's a particularly interesting 
one because it actually transmits two bits per symbol. In other words, a QPSK symbol doesn’t represent O 
or 1—it represents 00, 01, 10, or 11. 


This two-bits-per-symbol performance is possible because the carrier variations are not limited to two 
states. In ASK, for example, the carrier amplitude is either amplitude option A (representing a 1) or 
amplitude option B (representing a 0). In QPSK, the carrier varies in terms of phase, not frequency, and 
there are four possible phase shifts. 


We can intuitively determine what these four possible phase shifts should be: First we recall that 
modulation is only the beginning of the communication process; the receiver needs to be able to extract 
the original information from the modulated signal. Next, it makes sense to seek maximum separation 
between the four phase options, so that the receiver has less difficulty distinguishing one state from 
another. We have 360° of phase to work with and four phase states, and thus the separation should be 
360°/4 = 90° So our four QPSK phase shifts are 45° 135°, 225°, and 315°. 
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https://www.allaboutcircuits.com/technical-articles/quadrature-phase-shift-keying-qosk-modulatio 
n/ 


If you look at the values on an X-Y (2 dimensional) diagram you'll see: 


BPSK QPSK 


Figure 5. Decision boundaries for BPSK (left) and QPSK (right). 


https://nuwaves.com/wp-content/uploads/AN-005-Constellation-Diagrams-and-How-They-Are-U 
sed1.pdf 


You can see the “angles”/phases of the two bit combinations here: 


01 11 


00 10 


Constellation diagram for QPSK ™ 
with Gray coding. Each adjacent 
symbol only differs by one bit. 


(Looks like they have their same bit values flipped!) 
https://en.wikipedia.org/wiki/Phase-shift_keying 
So, 45 degrees is either 00 or 11, 135 degrees is 01, 225 degrees is either 11 or 00, and 315 


degrees is 10. 


You'll notice that the diagram is of radius 1. And, for those of you who remember your 
trigonometry (cosine squared of an angle + sine squared of the same angle) = 1. 
This is called the “unit circle”. 


On that unit circle the 45 degree phase shift has an X coordinate of cosine(45) = .707 
(1 divided by the square root of 2). 


Likewise the Y coordinate is sine(45) = .707 


For 135 degrees the X coordinate is cosine(135) = -.707 and the Y coordinate is sine(135) = 
HOF 


For 225 degrees the cosine is -.707 and the sine is -.707. For 315 degrees the cosine is .707 
and the sine is -.707. 


That’s the unit circle example for QPSK. 


If you put in any value for the angle, from 0 to 359 degrees, the resulting point on the X/Y 
diagram will be on the unit circle. So, a point on the unit circle always had a radius of 1, 
The coordinates on the two dimensional graph can be expressed as an X and Y (Cartesian) 


coordinate, or differently a radius “r’, and an angle “theta” (Polar) coordinate. 


The unit circle can be segmented into any number of segments (2, 3, 4, 5, 6... or fractional) 
calculating the appropriate phase shifts. The circle doesn’t have to be a unit circle, either, It can 
be larger or smaller. We'll return to these other phases and circle radii soon. 


Both FLDIGI and Multipsk have PSK and QPSK modes of varying speeds and error-correction 
capabilities. 


FLDIGI also has 8PSK (8 phase shifts on the unit circle) with various capabilities. 
Go most of the way down the following web page. 


http://Awww.w1hkj.com/FidigiHelp/psk_page.htm! 


QAM 


“Soon” is here! We've seen two levels (1 bit) in BPSK and 4 levels (2 bits) in QPSK. 

How can we “stuff” the X,Y or r, theta coordinates as much as the radio frequency environment 
(RF channel) can allow? Remember | wrote that the unit circle can be segmented into any 
number of segments and unit circle sizes can vary. So... 
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16 QAM 64 QAM 


https://questtel.com/wiki/qgam-constellation 
QAM stands for Quadrature Amplitude Modulation 


https://en.wikipedia.org/wiki/Quadrature amplitude modulation 


As noted in the Wikipedia article QAM is used in cable TV transmissions and Asymmetric Digital 
Subscriber Line (ADSL) wired technologies. 


Amp Phase Data 


25% 225° 1100 
75% 135° 1001 
25% 315° 0100 
75% 247° 1110 
25% 225° 1100 
75% 337° 0110 
25% 225° 1100 
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Digital 16-QAM with example o 
constellation points 


You'll note that the above diagram from the Wiki article shows a circle radius (called amplitude) 
and a phase. (The Wiki article shows the diagram points “in motion”. Check it out!) There are 
amplitudes of 25% and 75%, so there needs to be a reference signal to tell us what an 
amplitude of 100% is. This reference is called a “pilot” signal. We'll see an application of pilot 
signals shortly. (Note also that FLDIGI’s 8PSK has a mode with a pilot.) 


OFDM 


Remember the tones for 1200 baud - 1200 Hz and 2200 Hz? 

If they are harmonically related some harmonic energy might occur on the same audio 
frequencies. The harmonic distortion of digital (odd harmonic) or analog (even harmonic) 
amplifiers might cause those signals to bleed into each other via mixing. 


1200/2200 reduces to 6/11 (divide each one - 1200 and 2200 by 200). Since 11 is a “prime 
number’, only evenly divisible by 1 and itself, there’s no common factors between the 2 
numbers. (6 = 2 times 3) and 11 is prime (1 times 11). The common harmonic for each would be 
1200 Hz times 11 = 132 kHz and 6 times 2200 Hz = 132 kHz. So the 11th harmonic of 1200 Hz 
would match the 6th harmonic of 2200 Hz. That’s such a high harmonic for each there’s very 
little energy in those harmonics and harmonic distortion of a properly designed amplifier 
wouldn’t be able to produce much energy. And 132 kHz is far outside the customary audio 
passband for SSB (300 - 2700 Hz) or FM (15 kHz). 


Because those two frequencies are not closely harmonically related they're called “orthogonal”. 


(Those frequencies wouldn't sound very “musical’ together.) Likewise if you’ve ever heard 
JT65, FT8, or FT4 in WSJT-X, or Domino, FSQ, Thor, Olivia, Contestia, or MFSK16 or MFSK 32 
in FLDIGI or Multipsk, those “sound card” modes wouldn’t sound musical either, by design! 


MT63, 8PSK, and VARA 


So, let’s take our orthogonal idea to an extreme. We've already seen that PSK (BPSK) only has 
2 phase shifts, so is very tolerant of a “bad” radio environment (radio channel). 

What if we “stuff? as many BPSK carriers in our audio passband as we can? 

In that manner we can pass a lot of data, in parallel, through the radio channel. 

FLDIGI’s MT63 uses 64 carriers, each with BPSK, in the audio passband. 


But, what if there’s lightning around? One “zap” (burst error) and all the carriers are interrupted 
at the same time. How can that be mitigated? MT63 mode arranges the data in an X by Y 
matrix, with the data filling in an X row, then shifting that rull row “down” by 1 and filling up the 
next “row”. After all the data bits are in, the data are transmitted down the columns (Y), so that a 
burst error will “knock out” scattered data when the data is put back into the X by Y matrix at the 
receiver, then replayed. That operation of reading the data out in a different order it’s put in is an 
example of “interleaving”. 


http://www.w thkj.com/FidigiHelp/mt63_page.html 


FLDIGI has newer 8PSK modes with multiple carriers - one carrier for each 8PSK data stream. 
http:/Awww.w1hkj.com/FidigiHelp/psk_page.html#eight_psk_modems 


We've seen that with QAM phase shift keying is taken “to the limit” and also includes different 
unit circles (amplitude modulation). What if we use QAM for each carrier? We can “pack” more 
bits into each audio carrier! This is the approach that Jose Nieto takes with VARA and VARA 
FM. 


https://rosmodem.wordpress.com/201 7/09/03/vara-hf-modem/ 
(Check out the Youtube video from this site to see VARA HF in action.) 


You can see in his presentation, above, that the orthogonality, just as with MT-63 and 8PSK, will 
keep the energy of one carrier from interfering with the others. (VARA uses 52 carriers.) 


Channel estimation: 


Going back to the dial-up modems at 56 kbps - the first sounds were the two modems 
transmitting tones to each other to detect what worked. If the phone line was good eventually 
the sounds became more like white noise. The same techniques for the phone line apply to the 
RF channel. 


But, how do we know what the RF channel is capable of? What if the channel is really “rotten” 
and QAM won't work? How do we figure that out? 


Remember, way back at the beginning, when we walked into the gym and our friend all the way 
across the gym tried to yell something to us? There was so much “echo” we couldn’t tell what 
our friend was saying.! 


What if we clapped our hands once and listened for how long it took for the echos to “die 
down”? This process is called “channel estimation”. A known signal (“training sequence” in the 
wired world, a “block” burst in the wireless world) is transmitted and the receiver can tell the 
transmitter what it “heard”. That’s what the dial-up modems were doing, sending different tones 
and more of them, in a Known training sequence, to see what the phone lines were capable of. 


Let’s see how VARA or VARA FM do this. When you first run VARA FM and connect to a remote 
station you will see something like this: 


It appears that there are 16 “clusters” along each “leg” of the X. The clusters are fairly “tight”, not 
scattered, indicating that the channel, right now, is very “linear”. This looks promising! 


The next block burst in the training sequence appears to try and resolve the smaller unit circles 
(quieter tones - closer to the X,Y origin at the center) 


Hmm. That looks a little scattered. So, the 16 unit circles might not work. VARA FM, based on 
the feedback from the receiver, and the lack of scatter (good linearity) tried 8 unit circles. 
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All the points are within the 64 bins (8 by 8)! So the transmitter gets a “ACK” (acknowledgment) 
from the receiver. (The ACK rectangle changes to a green color when the receiver sends an 
ACK to the transmitter.) 


Therefore VARA FM then tries to push the channel harder during the next transmission: 


100 (Marae Pa 


There it is: 16 by 16 or 256 QAM. The dots are green so the receiver says “it’s good”! Another 
ACK. 


The next transmission: 
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Wow! What happened to the “channel”? There’s dots scattered all over, so they’re white. A 
NACK (negative acknowledgement) was sent to the transmitter. The NACK rectangle turns 
RED. 256 QAM didn’t work. 


Try fewer unit circles: 


There’s 128 QAM and the dots are contained in the bins pretty well, and the receiver sent an 
ACK. 


More data to send: 


128 QAM still worked but things are getting more scattered. 


So, between the initial training (block) burst and ACKs and NACKs from the receiver, VARA FM 
is constantly estimating the channel’s capabilities. 


The channel accommodated FM very well! But HF/SSB is a different sort of channel as the 
signal goes via the ionosphere. If you’ve watched any wider band modulation like MT63 or 
Olivia (or a jammer) you'll see parts of the signal fainter than the rest, and that faintness moves 
either up-band or down-band, that’s slow fading. Some of the audio carriers will be affected 
differently than the others. That means that all the unit circles might not have a constant 
amplitude. 


Frequency-selective time-varying fading causesa ~ 
cloudy pattern to appear on a spectrogram. Time is 
shown on the horizontal axis, frequency on the 
vertical axis and signal strength as grey-scale 
intensity. 


https://en.wikipedia.org/wiki/Fading 

How to mitigate selective fading? 

Notice from the illustration, above, that there aren’t sudden transitions (except for the receiver 
artefacts). That means that adjacent audio frequencies have a high correlation to each other. 


(They co-vary similarly.) This high correlation can be termed “auto co-variance” or “coherence”. 


“...Formally the coherence bandwidth is the bandwidth for which the auto co-variance of the 
signal amplitudes at two extreme frequencies reduces from 1 to 0.5...” 


http://www.wirelesscommunication.nl/reference/chaptr03/cohbw/cohbw.htm 


https://en.wikipedia.org/wiki/Coherence_bandwidth 


Let’s use, as an example, a coherence bandwidth of 200 Hz. So, place a pilot carrier (for the 
reference of an amplitude of “1” for the unit circle) right in the middle of the coherence 
bandwidth audio band of interest. So, every 200 Hz there’s a pilot carrier that will be the 
reference for the data carrier frequencies within 100 Hz on either side of it. 


VARA, on the receiving end, will look to those pilot carriers to recover the unit circle “1” signal for 
each carrier within each pilot's coherence bandwidth. 


(“Hairy math” regarding channel estimation in this link: 
https://www.diva-portal.org/smash/get/diva2:1188360/FULLTEXT0O1.pdf ) 


https://www.electronics-notes.com/articles/radio/modulation/quadrature-amplitude-modulation-ty 
pes-8qam-16qam-32qam-64qam-128qam-256qam.php 


OFDM considerations: 


Since OFDM distributes its audio “energy” over multiple carriers, and some of those carriers 
may be pilot carriers (carrying no data) OFDM “dilutes” the transmitted energy over the entire 
audio bandwidth of the carriers. How much dilution is possible? 


Something else to beware of with OFDM: since the signal phases can “jump” there are sudden 
signal transitions, which means higher audio harmonics (remember the square wave example 
toward the beginning). This means that there are signal “peaks” from those sudden transitions. 
Just like a microphone can distort if you yell into it, a transmitter can exceed its power rating and 
likewise distort. The means Peak to Average Power Ratio (PAPR) is something to keep track of. 
If the PAPR of a waveform is 12 dB, the average power will be 6.25% of the peak. If your HF 
rig’s rated power is 100 watts, then set the power output to 6 watts, so that the 12 dB peaks will 
consume ~100 watts. 


Dealing with transient interference 


Remember with MT63 the data was read in row-wise and read out for transmission 
column-wise. That’s one interleaving method. We can also duplicate data across different audio 
carriers, in addition to interleaving. That’s redundancy. Those are not computationally 


“expensive”. 
Error correction 


When using SSB it’s often hard to hear the difference between “P”, “B”, “D”, and “V”. 


The error control coding used in voice is the ITU phonetic alphabet. We'd say “papa” (P), 
“pravo” (B), “delta” (D), and “victor” (V). Even though we might not even hear the first letter, 
because we know the phonetic alphabet of the expected words (dictionary) we can reconstruct 
the proper characters. Note that most of the phonetic alphabet characters don’t include the 
sound of the spoken individual letter. We're substituting a different longer “codeword” for a 
shorter one. Some error control coding schemes send the original data along with the error 
control codewords - for the phonetic alphabet that corresponds to “uniform” (U) and “x-ray”, (X) 
where “niform” would be the added error-control bits for “U” and “ray” would be the added 


error-control bits for “X”. 


The error-control codeword should be designed to be as different as possible from each other 
(minimum codeword distance). A digital error control coding scheme just like that is in the 
FLDIGI/Multipsk mode Olivia. A presentation about Olivia’s error control codes from 2020’s 


Tucson Area Packet Radio annual symposium is here: 
https://www.dropbox.com/s/Ipujjjgo8q3m8ks/taprmariner9hadamardfec.pdf?dl=0 


Olivia and MT-63 use the same error control codes as for the Mariner 9’s Mars mission! 


FEC 


So, what does the “forward” in forward error correction (FEC) mean? The transmission from a 
transmitter to a receiver is called the “forward” channel. If the receiver wants to acknowledge the 
transmission to the transmitter it “reverses” the channel, and that reversal is called the “reverse 
channel”. So FEC assumes that the transmitter will not get feedback from the receiver. Any 


error-control coding must pre-compensate for the possible errors in the forward channel. 


(The signals from the Voyager space probes, now outside the influence of the solar wind, take in 
excess of 17 hours to reach Earth, but their signals are still received and decoded! That’s some 
FEC!) 


Mode comparison in FLDIGI 


http:/Awww.w 1hkj.com/FidigiHelp-3.21/Modes/Compare.htm 


A precursor to JS8Call: 


FSQCall 


https://www.qgsl.net/zl1bpu/MESK/FSQweb.htm 


According to the FLDIGI help for FSQCall the sensitivity in a purely additive Gaussian 


white-noise channel is -15dB, likely similar to DominoEX. 
http:/Awww.w1hkj.com/FidigiHelp-3.22/fsq_page.html 


A paper referenced in the FSQCall web page shows the error control coding used in various 
modes in FLDIGI 


https://www.gsl.net/zl1bpu/DOCS/lonospheric%20Performance%200f%20FSQ. pdf 


JS8Call 


JS8Call has the sensitivity at its “standard” speed of FT8 in WSJT-X. Clock synchronization is 
required, however, just like WSJT-X. Messages are sent in successive 15 second time slots, as 
opposed to WSJT-X in which messages are sent for 15 seconds, then there’s a 15 second 


pause for any replies, repeating until the QSO either ends or is abandoned. 


Documentation is found here: 


https://docs.qgoogle.com/document/d/159S4wqMUVdMA/7qBgaSWmU-iDI4C9wd4 CuWnetN680 
QU/edit 


ALE-400 is in Multipsk and VARA Chat is in the VARA software. 


Which mode(s) should | use for a QSO? 


It depends! Are you using frequencies in which there’s lots of signals and you can’t find any 
unused “slots”? If there are a bunch of narrow bandwidth frequencies perhaps a wide MT-63 or 


Olivia/Contestia. (See the FLDIGI help web pages for those.) 


If the signal to noise ratios are good then PSK31 might be sufficient! PSK31 puts all the transmit 
energy into a narrow bandwidth, so PSK31 might be heard better because of its “power 


density”. Are you receiving too many errors, ask the other end to switch to a mode with FEC. 


Is there an over-the-horizon (OTH) radar occupying a broad part of the band? Maybe you can fit 
a PSK31 or JS8Call signal between parts of the OTH signal. 


Can you type quickly with few errors? A faster mode (PSK63) might have advantages. 
Are the band conditions changing quickly? Maybe use FSQCall or VARA Chat. 
With FM, are you using simplex? Choose a mode that runs fast - 8PSK1000, VARA FM 


Are you using an FM repeater? Try the simplex suggestions, but, due to reduced audio 


bandwidth, be prepared to switch to a slower mode. 


Are you using linked repeaters? Are there occasional audio dropouts? Use MT63 with a long 
interleave (MT63 1000L or MT63 2KL). 


If you’re sending files then FLMSG or FLAMP within FLDIGI has some suggestions in the mode 
dropdown, or VARA Chat might be good. 


FLAMP is designed to send files and the receivers can request that missing data be 
re-transmitted. FLAMP is very flexible and can automatically schedule transmissions and data 


modes. 


Craig Paul/KH6CP 


